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PENDING CLAIMS AS AMENDED 



Please amend the claims as follows: 




1. (Currently Amended) A method for processing one or more signals in a spread 
spectrum communication system, the method comprising: 

receiving and processingithe one or more signals to provide one or more streams of 
samples; and 

first processing the one or Vnore streams of samples to provide a first stream of recovered 
symbols, wherein the first processing includes 

equalizing and combining the one or more streams of samples with an equalizer to 
generate symbol estimates, and 

processing the symbol estimates to provide the first stream of recovered symbols. 
second processing a multipath of the one or more streams of samples with one or 
more rake receivers to provide a second stream of recovered symbols; 

estimating a signal quality associated with each of the first and second processing; and 
selecting the first or second processinabased on estimated signal qualities associated therewith. 



2 (Original) The method qf claim 1, wherein the processing the symbol estimates 
includes 

despreading the symbol estimate^ with a PN sequence to generate despread symbols, and 
decovering the despread symbols \o generate the first stream of recovered symbols. 

3. (Original) The method of claim 2, wherein the despreading and decovering are 
selectively performed, depending on a data rate of the one or more received signals. 



4. (Original) The mqthod of claim 1, further comprising: 

second processing the one or more streams of samples with one or more rake receivers to 
provide a second stream of recoverM sypit^cvs. 



5. (Original) The meth 
estimating a signal quality 




further comprising: 

each of the first and second processing; and 
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selecting the first orlsectond processing based on estimated signal qualities associated 
therewith. I f/ 

6. (Original! The method of claim 5, wherein the signal quality associated with the 
I first processing is estimated based on a mean square error (MSE) between the symbol estimates 
and expected symbols. \ 

7. (Original) The method of claim 6, wherein data rate of the one or more signals is 
selected based, in part, on i he mean square error. 



I 8. (Original) 
is performed prior to the c 



he method of claim 1, wherein for the first processing, the equalizing 
bining. 



^ 9. (Original) Tpe method of claim 1, wherein for the first processing, the combining 
is performed prior to the eqmalizing. ~— 

10. (Original) Tlte method of claim 1, further comprising: 

first adapting coefficients of each of one or more filters within the equalizer, wherein one 
filter is operative to filter eacn of the one or more streams of samples. 

11. (Original) Tha method of claim 10, wherein the first adapting is performed for 
each filter based on filtered samples from the filter. 

12. (Original) The method of claim 10, wherein the first adapting is performed for the 
one or more filters based on thelsymbol estimates. 

13. (Original) The method of claim 10, wherein the coefficients of each filter are 
initialized to particular set of values. 



14. (Original) The method of claim 10, further comprising: 
identifying a large multipatp of one of the one or more signals being received and 
processed, and 

wherein the first adapting isjperformed based on a time offset corresponding to the 
identified large multipath. 
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15. (Original) The method bf claim 10, wherein the first adapting attempts to 
minimize a mean square error betweenlthe symbol estimates and expected symbols. 

16. (Original) The method of claim 10, wherein the first adapting attempts to 
minimize a mean square error between the filtered samples from the filter and expected symbols. 

17. (Original) The method 
slicing the symbol estimates to 
wherein the first adapting is pei 

18. (Original) The method o\ claim 10, wherein each filter within the equalizer is 
implemented as a finite impulse response (FIR) filter. 

19. (Original) The method oflclaim 10, wherein the first adapting is performed using 
time division multiplexed (TDM) pilot reference. 

20. (Original) The method of ilaim 10, wherein the first adapting is performed using 
code division multiplexed (CDM) pilot reference. 

21. (Original) The method of claim 10, wherein the first adapting is performed using 
a least mean square (LMS) algorithm. I 

22. (Original) The method of claim 10, wherein the first adapting is performed using 
a recursive least square (RLS) algorithm. 1 

23. (Original) The method of claim 10, wherein the first adapting is performed using 
a direct matrix inversion (DMI) algorithm. 1 

24. (Original) The method of claim 10, wherein the combining is performed based on 
one or more scaling factors, one scaling factorjfor each of the one or more streams of samples. 

25. (Original) The method of claim\24, further comprising: 
second adapting the one or more scalina factors prior to the combining. 
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26. (Original) The method M claim 25, further comprising: 

identifying a large multipath forleach of the one or more signals being received and 
processed, and I 

initializing each scaling factor based on a respective identified large multipath. 

27. (Original) The method ob claim 25, wherein the second adapting is performed 
based on the symbol estimates. 

28. (Original) The method on claim 1, further comprising: 

first adapting coefficients of each of one or more filters within the equalizer, wherein one 
filter is operative to filter each of the ondor more streams of samples; and 
second adapting one or more scaling factors used for the combining. 

29. (Original) The method oflclaim 28, wherein the first and second adapting are 
performed separately and sequentially, wherein the first adapting is performed with the one or 
more scaling factors fixed, and wherein tne second adapting is performed with the coefficients 
for the one or more filters fixed. 

30. (Original) The method of claim 28, wherein the first and second adapting are 
performed iteratively a number of times. 

31. (Original) The method of claim 28, wherein the first and second adapting are 
performed iteratively over a particular sequence of expected symbols. 

32. (Original) The method of cilaim 28, wherein the first and second adapting are 
performed based on the symbol estimates. 

33. (Currently Amended) A mithod for processing one or more signals in a 
communication system, the method comprising: 

receiving and processing the one on more signals to provide one or more streams of 
samples; 

first processing the one or more streams of samples to provide a first stream of recovered 
symbols, wherein the first processing includes 
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equalizing and combining the one or more streams of samples with an equalizer to 



generate symbol estimates, and 

processing the symbol estimates 
second processing a multipath 



rake receivers to provide a second 

estimating a signal quality assoc 
selecting the first or second 

therewith. 



to provide a first stream of recovered symbols; 
the one or more streams of samples with one or more 
streaijfi of recovered symbols; 

ated with each of the first and second processing; and 
prodessing based on estimated signal qualities associated 



34. (Original) The method cf claim 33, further comprising: 
adapting coefficients of each of pne or more filters within the equalizer. 



35. (Original) The method if claim 34, wherein the coefficients of each filter within 
the equalizer are initialized using information derived from the one or more rake receivers. 

36. (Original) The method df claim 34, wherein the coefficients of each filter within 
the equalizer are adapted using a time division multiplexed (TDM) pilot reference or a code 
division multiplexed (CDM) pilot referelnce. 

37. (Original) The method or claim 34, wherein the coefficients of each filter within 
the equalizer are adapted using a least mean square (LMS) algorithm, a recursive least square 
(RLS) algorithm, a direct matrix inversion (DMI) algorithm, or a combination thereof. 



38. (Currently Amended) A ifeceiver unit operative to process one or more signals in 
a communication system, the receiver unit comprising: 

one or more pre-processors opera^ve to receive and process the one or more signals to 
provide one or more streams of samples; 

an equalizer coupled to the one or jmore pre-processors and operative to receive, combine, 
and equalize the one or more streams of samples to generate symbol estimates; and 

a post processor coupled to the equalizer and operative to receive and process the symbol 



estimates to provide a first stream of reco> 



a second processors operative to pi ocess a multipath of the one or more streams of 



ered symbols; 



samples with one or more rake receivers to provide a second stream of recovered svmbols. 
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39. (Original) The receiver unit of claim 38, further comprising: 
one or more rake receivers coupleol to the one or more pre-processors and operative to 

receive and process the one or more strean^ of samples to generate a second stream of recovered 

symbols. 



40. (Original) The receiver unit 
a controller operative to receive 
second streams of recovered symbols, and 
symbols for subsequent processing based 



3f claim 39, further comprising: 
estiilnates of signal quality associated with the first and 
t(J select the first or second stream of recovered 
the received signal quality estimates. 



on 



41. (Currently Amended) A receiver unit operative to process one or more signals in 



a communication system, the receiver unit comprising 



one or more pre-processors operative 



to receive and process the one or more signals to 



provide one or more streams of samples; 

an equalizer coupled to the one or m^re pre-processors and operative to receive, combine. 



and equalize the one or more streams of samples to generate symbol estimates wherein the 



equalizer includes 

one or more filters respectively cdupled to the one or more pre-processors, each 
filter operative to receive and filter a res])ective stream of samples v^ith a set of 
coefficients to provide corresponding filtered samples, and 

a summer coupled to the one or m ore filters and operative to receive and sum 
the filtered samples from the one or more filters to provide the symbol estimates.; and 

a post processor coupled to the equalizer and operative to receive and process the symbol 
estimates to provide a first stream of recovered symbols; 



42. (Original) The receiver unit of claim 41, wherein the equalizer further includes 
a coefficient adjustment element couplad to the one or more filters and operative to adapt 
one or more sets of coefficients for the one or more filters. 



43. (Original) The receiver unit of claim 42, wherein the coefficient adjustment 
element is operative to adapt the set of coefficients for each filter based on the filtered samples 
received from the filter. 
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44. (Original) The receiver unit of claim 42, wherein the coefficient adjustment 
element is operative to adapt the one or mori sets of coefficients for the one or more filters based 
on the symbol estimates. 



45. (Original) The receiver unit 
a sheer coupled to the sunmier and c 

generate sliced symbol estimates, and 

wherein the coefficient adjustment e 

coefficients for the one or more filters base( 



Df claim 42, wherein the equalizer further includes 
perative to receive and slice the symbol estimates to 

ement is operative to adapt the one or more sets of 
on the sliced symbol estimates. 



of 



46. (Original) The receiver unit 
element is operative to implement an adapt£ 
least mean square (LMS), recursive least sq jare 
algorithms. 



claim 42, wherein the coefficient adjustment 
tion algorithm selected from the group consisting of 
(RLS), and direct matrix inversion (DMI) 



47. (Original) The receiver unit 
one or more multipliers respectively 

operative to receive and multiply the filterec 

scaled samples, and 

wherein the summer couples to the 

and sum the scaled samples from the one or 



of 



claim 41, wherein the equalizer further includes 
coupled to the one or more filters, each multiplier 
samples with a respective scaling factor to provide 



cne 



or more multipliers and is operative to receive 
more multipliers to provide the symbol estimates. 



a communication system, the receiver unit c 



one or more pre-processors operative 



48. (Currently Amended) A rec eiver unit operative to process one or more signals in 



jmprismg: 



to receive and process the one or more signals to 



provide one or more streams of samples; 

an equalizer coupled to the one or more pre-processors and operative to receive, combine. 



and equalize the one or more streams of samples to generate symbol estimates: and 



a post processor coupled to the equa^ 



izer and operative to receive and process the symbol 



estimates; wherein the equalizer includes 
one or more multipliers respectiv 
each multiplier operative to receive anc. 
respective scaling factor to provide scaleld 



ly coupled to the one or more pre-processors, 
multiply a respective stream of samples with a 
samples. 
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a summer coupled to the om or more multipliers and operative to receive and 
sum the scaled samples from the one or more multipliers to provide summed samples, 
and 

a filter coupled to the summesr and operative to receive and filter the summed 
samples with a set of coefficients to provide the symbol estimates. 



49. (Original) The receiver 
a coefficient adjustment element 
coefficients for the filter based on the s 



I nit 



of claim 48, wherein the equalizer further includes 
coupled to the filter and operative to adapt the set of 
estimates. 



y nbol 



Ullt 



of claim 49, wherein the equalizer further includes 
dperative to receive and slice the symbol estimates to 



50. (Original) The receiver i 
a slicer coupled to the filter and i 
generate sliced symbol estimates, and 

wherein the coefficient adjustmeiit element is operative to adapt the set of coefficients for 
the filter based on the sliced symbol estii nates. 



receive 



51. (Original) The receiver 
a PN despreader operative to 

sequence at a particular time offset to 

a decover element coupled to the 

samples with one or more channelization 



52. (Original) A receiver unit 
communication system, the receiver unit 



u lit i 



of claim 38, wherein the post processor includes 
and despread the symbol estimates with a PN 
prcjvide despread samples, and 

N despreader and operative to decover the despread 
codes to provide the first stream of recovered symbols. 



operative to process one or more signals in a 
comprising: 

one or more pre-processors operative to receive and process the one or more signals to 
provide one or more streams of samples; 

a first signal processing path coml)rising 

an equalizer coupled to the one or more pre-processors and operative to receive, 
combine, and equalize the one or more streams of samples to generate symbol estimates, 
and 

the equalizer and operative to receive and process the 



a post processor coupled to 
symbol estimates to provide a first ^tream of recovered symbols; 
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a second signal processing path comprising one or more rake receivers coupled to the one 
or more pre-processors and operative to receive and process the one or more streams of samples' 
to generate a second stream of recovered symbols; and 

a controller operative to receive estimates of signal quality associated with the first and 
second signal processing paths, md to select the first or second signal processing path based on 
the received signal quality estimates. 
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